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Abstract 
The problem of target classification is addressed in the Bayesian framework as an interpretation of the likelihood of 
Bayes’ theorem as a possibility. A better explanation and definition based on this perspective, as opposed to the 
conventional probability interpretation, is given for the uncertain mapping from the class space to the feature space. 
In this manuscript, we propose a new Bayesian classifier that can naturally combine both the probability and the 
possibility through a reinterpretation of Bayes’ theorem. An example of target classification using kinematic features 
demonstrates that the proposed Bayesian classifier outperforms the conventional Bayesian classifier and gives 
accurate classification results. 
© 2011 Published by Elsevier Ltd. Selection and/or peer-review under responsibility of Harbin University 
of Science and Technology. 
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1. Introduction 
The sound card has the ability of transforming analog signal into a digital signal, and can use double 
track for 16-bit sampling with sampling frequency high to 44.1 KHz, which can take the place of the 
network card for data transmission, and also help the sound card data transmission system for 
popularizing and applying. The sound card sampling frequency minimum value is just 4 KHz. Double 
track sampling is tour sampling. When the frequency sampling is too low, in order to make the sound card 
work well, this paper makes a deep study. According to the working principle of the sound card, the card 
can have the function of sound recording and playing. playing function  put the wave format digital sound 
* Corresponding author. Tel.: +86-0760-88365563. 
E-mail address: iuxuepeng1026@yahoo.com.cn. 
Open access under CC BY-NC-ND license.
Open access under CC BY-NC-ND license.
151Xuepeng Liu and Dongmei Zhao / Procedia Engineering 29 (2012) 150 – 1532 W. Mei et al. / Procedia Engineering 00 (2011) 000–0 0 
signal change into simulation voice signal, but the recording function can input simulation signals into 
digital signals, thus, when a computer with the sound card will digital signal into analog sound signal and 
send out later, another computer can receive these sound signal and use it to recording function is 
transformed into digital signal, and can be achieved from one computer using sound card to another 
computer transmission, this model wave file transmission is the digital sound files, rather than a text 
file[1-4]. This paper adopts zero one yard form processing: all kinds of data, including the text document 
and wav files. On the computer zero-one yard is in the form of storage. 
2. The basic idea of the transmission method 
With advanced program text file conversion for wave file, namely of source documents are to move, 
zero a yard just will file format conversion, and then transmission, and, such programs to write is not 
difficult, but we should know is from a text file a yard with zero wave file are very different, the 
performance of the wave file content is real voice, the voice always continuous change, and rarely 
appears very dramatic changes. Text is different, it is the text of the storage, rank and wav files difference 
is very big, if not change in the source file a zero sequence is directly change file format of words, change 
the document in the voice will often appear strong contrast, strong oscillation, amplitude is great, and the 
working frequency of sound card, so that the signal bandwidth limited sound card is unacceptable, if too 
high, wave amplitude, can appear waveform distortion truncated and peak, if oscillation are too strong, 
because signal sampling rate shortcomings and lead to owe sampling, therefore, the method is not easy to 
realize, with this method receiving a waveform figure, is shown in Fig.1  
 
Fig.1 Sound waveform distortion figure 
From the figure 1,  wave form change is too violent, with wave truncated. 
3. Improvement principle 
Using a string of  the DuoGe same waveform and not a single wave to describe a word, so, the effect 
of the pulse can be filtered out as much as possible, and the more waveform, the better the results, but that 
the transmission rate will drop, so, find the balance, is the key. At the same time, just convert "1", "0", 
can be the two Numbers corresponding waveform design, so as to avoid obviously different error 
identification. 
The sound card sampling frequency is 44.1 kHz, hope in a cycle of sampling times as the integer or as 
near the integer, so, in zero a yard conversion process, "1" into frequency for 2.1 kHz sine wave, "0" into 
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frequency for 441 Hz ac sine wave, such, "1" in a cycle number of samples for 21, "0" in a cycle number 
of samples for 100. Any character in on the document, there are corresponding ASC binary code, if the 
one character of the corresponding binary code for 01010011, we will start from the first number 
comparison, the first time the conclusion shows the first number is 0, the program will be transformed 
into frequency for 441 Hz ac sine wave, the second time the conclusion shows the second number is 1, 
and the program will be transformed into frequency for 2.1 kHz sine wave, in turn, each character of 
analogy ASC binary code is eight, so each character we all have 8 times comparison, more complete, a 
character of the corresponding complete waveform arose.  
Using this method has the following waveform figure 2, in the picture we can clearly see the waveform 
sampling points, corresponding "1" on the cycle of 21 points, corresponding "0" on the cycle of 100 
points, the whole waveform is very smooth, is very good for transmitting and receiving.  
With every forty characters to be a group, one after another group is transformed. transformed good 
Data according to the standard format wav files to store, stored in a global variable is a group of 
transformation, when the Data transmission, and then will go out global variables is used in the empty, 
the transformation of the next, assigned to a text file the memory area we set up a head pointer, each 
completed, it means that the conversion of the memory area 40 bytes have been conversion, is now head 
pointer moves down 40 units, when these steps are finished, then starts to the next group of conversion, 
so again and again, when memory of head pointer to the bottom of the area, said the documents from text 
to the transformation of the sound is finished. 
 
Fig. 2 the waveform after Conversion 
4. The shortage of the transmission principle and improving methods 
With this principle for data transmission, the largest shortcoming is slow speed transmission. To 
improve the transmission speed of principle, we must improve. Now most of the sound card is 16. It's the 
amplitude of the waveform output can have 16 species, if this 16 kinds of amplitude can each represents a 
character, in unit time transfer the same number of wave, its can transfer the data will also be more big, 
also is the transmission speed is faster. Of course, all 16 kinds of amplitude can respective said a 
character is not realistic, because this 16 kinds of amplitude of the difference between their respective is 
not big, not only wave distortion very serious, it will have a lot of misjudgment, or can't identify signal. 
Another idea is to use two sound channel sound card two interfaces and for data transmission, if the 
software can make two interface coordination work synchronously, and in theory can suddenly will data 
transmission speed increased to the original two times, if is to improve the speed of channel sound card is 
more, but on hardware, this kind of method need more root, more troublesome string. 
Another kind of method is used in combination with the amplitude frequency, as the Fig.3 shows,  
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Fig.3 The comprehensive method of output waveform 
Frequency and amplitude union, with the receiver identifying the input signal, can get more rich 
waveform resources for use, the original binary code only two waveform, if at the receiving end 
frequency and the amplitude of each can identify four, so a total of the wave can be used to have 4 * 4 = 
16, the waveform can greatly increased the number had a character must be eight binary code, and need 
eight waveform, in this method, the character of each shall be greatly reduce wave, so as to improve the 
speed of data transmission, of course, its writing software is more complex 
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